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ABSTRACT 
In order to provide a capability for performing advanced signal 
processing on ultrasonic and acoustic emission signals at speeds 
that are sufficient for practical applications, a high speed Digital 
Ultrasonic Instrument (DUI) has been developed. The DUI performs 
its processing entirely digitally and therefore can do the phase-
and frequency-sensitive processing which is necessary in many ad-
vanced NDE techniques. Its speed of computations is sufficient to 
handle pulse repetition frequencies (PRFs) of several hundred Hertz. 
Three applications of the DUI are described, one each in the areas 
of flaw detection, flaw characterization and acoustic emission source 
characterization. The first application is improved near surface 
flaw detection by the use of subtraction of front surface echoes. 
The second application is a real-time operator-interactive method 
for correcting a flaw signal to remove system response and inter-
face signals and thereby prepare the flaw signal for flaw character-
ization techniques such as the Born Inversion. The third application 
is the automatic identification of sources of acoustic emission in 
a fastener-hole geometry. 
INTRODUCTION 
Conventional ultrasonic nondestructive testing uses analog in-
strumentation which performs relatively simple processing on the 
measured signal. Typically, an rf waveform received from a trans-
ducer is converted into a video (envelope) waveform. This video 
waveform is then displayed on an oscilloscope; a gate circuit is 
used to determine whether the peak of the video signal within a 
given time interval exceeds a selected threshold. This type of 
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processing often works well for the detection of flaws. It is, how-
ever, of limited value in the characterization (measurement of size, 
shape and orientation) of flaws. In particular, this method of 
processing is not frequency-sensitive and is not phase coherent. The 
video waveform, because it represents an integral over all frequency 
components that comprise the pulse, is not sensitive to the relative 
amounts of various frequency components present in a pulse. There-
fore, this information cannot be used in analyzing a flaw. In addi-
tion, because each time interval within a waveform is processed and 
displayed separately, it is not possible to perform processing that 
requires phase coherence between different portions of the waveform 
or between separate waveforms. 
A number of techniques have been developed in the research com-
munity in recent years which provide improved detection and character-
ization of flaws. For example, the Born inversion l provides a direct 
method of sizing flaws based on an analysis of the frequency compo-
nents of a single received waveform. Similarly, coherent subtraction 
can provide greatly improved detection of near-surface flaws. 
These and other advanced techniques usually require frequency 
sensitive and/or phase coherent processing of ultrasonic signals. 
The implementation of these techniques in analog circuitry presents 
a number of difficulties because they require a large amount of pro-
cessing to be performed on the data. The difficulties of constructing 
analog circuitry that can perform this processing in an accurate and 
stable manner become increasingly large as the complexities of the 
processing increase. 
Digital processing, on the other hand, allows processing of any 
degree of complexity to be performed on the data. Digital processing 
has become commonplace in a number of fields in the last few years. 
Speech processing, sonar and geophysics are a few of the areas in 
which digital signal processing has supplanted analog processing. 
Digital circuitry can perform processing with any degree of com-
plexity and length. This is difficult to achieve in analog circui-
try. Digital circuitry also contains a long-term memory capability. 
This allows the combination of data from different part of a wave-
form or from waveforms acquired at different times. The accuracy 
and dynamic range of the digital system can be chosen to match the 
requirements of a given application once data have been entered into 
a digital system. Effects such as drift, temperature variations, etc. 
do not cause degradation of the data. A programmable digital sys-
tem is not limited to performing a single function but rather can 
perform a wide variety of functions. A digital instrument can 
change function very rapidly merely by changing software. The accu-
racy processing may be very large. On the other hand, if the digital 
system is equipped with the software components required to perform 
a variety of functions, then the development of a signal processing 
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algorithm requires only the combining of the components in an appro-
priate sequence. This process can be performed very rapidly. Fin-
ally, a digital system can be programmed to check the proper func-
tioning of its components and thereby provide a self diagnosis capa-
bility. 
Analog circuitry generally performs its signal processing in real 
time. In the case of ultrasonic nondestructive testing, this means 
that the display and processing of the ultrasonic signals are per-
formed at the instant they return from the transducer. By contrast, 
the time required for digital processing depends on three factors: 
(1) speed of the digital circuitry (time per step), (2) the length 
of the algorithm to be performed (number of steps), and (3) the 
accuracy required of the algorithm (choice of algorithm and/or pre-
cision). A digital instrument will be useful in practical testing 
situations if it can perform its processing in the dead time (typi-
cally) 1 to several ms) between ultrasonic pulses. The DUI is cap-
able of performing simple algorithms at this speed. 
DESCRIPTION OF THE DUI 
This section describes the hardware and the software which make 
up the DUI. Figure 1 is a block diagram showing the components which 
compose the DUI. The description begins at the left side of Fig. 1. 
The ultrasonic transducer of the pulser/rec~iver which drive it are 
external to the DUI and may be selected by the user to suit his in-
spection problem. The only requirement is that the receiver provide 
the rf waveform as an output. The philosophy of the DUI is to digi-
tize the rf waveform as early as possible and perform all processing 
on it digitally. Therefore, the first component of the DUI is an 
A/D converter which captures the desired portion of the rf waveform 
and stores it in digital memory. This digitized waveform is then 
transferred to an array processor. It is a special purpose computer 
designed to perform repetitive calculations extremely rapidly. All 
processing done on the waveform is done in the array processor. 
A microcomputer is used to operate the array processor and 
coordinate its actions with the operator and with input/output de-
vices. The microcomputer gives commands to the array processor and 
receives from it the results of flaw decisions, but does not itself 
process the rf waveforms. 
A variety of input/output devices can be connected to the micro-
computer. Figure 1 shows the I/O devices on the prototype system 
currently in use. A computer terminal and a (Winchester) disk memory 
are included to provide a program development capability. On a ded-
icated system, one or both of these devices might not be necessary. 
In the prototype instrument, which has been used in the applica-
tions described later, a transducer is operated by a Panametrics 
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Fig. 1. Block diagram of the digital ultrasonic instrument. 
SOS2PR pulser/receiver. The rf waveform output from the receiver 
goes to a Biomation 8100 AID converter. This AID converter was 
chosen for preliminary development work because of its high sampling 
rate, flexibility and convenience of use. However, it suffers from 
severe accuracy limitations at high frequencies and will soon be 
replaced by a more modern AID converter. The array processor is an 
Analogic AP/400 and is located at the bottom of the rack. The 
microcomputer is a Data General Micronova and is located directly 
above the array processor. For operator use in program development 
and in careful study of flaws, the Tektronics 4006 Graphics Terminal 
is used. In addition to providing input and output via the keyboard 
and CRT, it provides graphical output of selected waveforms from the 
DUI. The oscilloscope which displays waveforms in real time and the 
manual controls are shown on top of the terminal. 
The software which operates the DUI consists of two parts. 
These two parts reside in the microcomputer and the array processor, 
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respectively. The software in the microcomputer is written in 
FORTRAN. tn addition to operating the peripheral devices, it passes 
a series of commands to the array processor to direct its operation. 
The software in the array processor consists of a combination of 
routines provided by the array processor manufacturer and routines 
specially written for the DUI. 
The DUI can operate in any of three modes. These modes are: 
the research mode, 
the operator mode, and 
the turnkey mode. 
In the research mode the DUI uses Rockwell's ISP signal processing 
language. With this language, the user can rapidly and flexibly 
develop and test signal processing algorithms. Full use can be made 
of this memory and of the graphics capability of the computer. 
In the operator mode, the DUI acts as an enhanced version of a 
conventional ultrasonic instrument. The user can observe both raw 
and processed waveforms as he manipulates the experimental apparatus 
and varies the details of the processing being performed. There is 
the same rapid visual feedback and eye-hand coordination that is 
available in the conventional instrument, in addition to the advanced 
processing and displays that are available. 
The turnkey mode of operation would be used for routine testing 
that does not require operator intervention. In this case the DUI 
performs its processing and decision making automatically. 
Some examples of the 
capable are listed below. 
128 point long waveforms: 
speeds of operation of which the DUI is 
The times given are based on the use of 
Addition and subtraction of waveforms 
Multiplication of waveforms 
Fourier transform of a waveform 
Signal averaging 
0.1 ms 
0.1 ms 
0.8 ms 
0.6 ms/waveform 
From these timings, it can be seen that relatively simple pro-
cessing such as frequency analysis can indeed be performed in just 
a few milliseconds. 
In the sections which follow, examples are presented of the use 
of the DUI in flaw detection, flaw characterization and automatic 
classification of acoustic emission signals. 
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Fig. 2. Measurement of near-surface flaws using subtraction. 
APPLICATION: NEAR-SURFACE FLAW DETECTION 
The detection of flaws near surfaces is often hindered by the 
presence of a large echo from the surface itself. Figure 2 shows 
the case of normal incidence inspection of a part for subsurface 
flaws. In the presence of a flaw, an echo (2) is received from the 
flaw. In addition, a much larger echo (1) directly from the front 
surface is received. The combination of these two echoes is shown 
at the right in Fig. 2. Distinguishing the flaw echo (2) from the 
front surface echo (1) is not possible when the flaw is within a 
small distance of the front surface. This distance is often called 
the "dead zone." However, much shallower flaws can be detected by 
the use of subtraction of a stored front surface waveform. The 
second row of Fig. 2 shows a measurement made in the absence of a 
subsurface flaw. Only the front surface echo (1) is present. If 
this echo is saved and then subtracted from a measured waveform, the 
result will contain only the flaw echo (2) and a small remnant of 
the front surface echo. This remnant represents the error in the 
subtraction process. The lower plot in Fig. 2 shows the result of 
the subtraction process. The flaw echo is clearly visible above 
the front surface echo remnant. Note the expanded vertical scale 
compared to the upper two plots. 
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An example of the application of this technique is shown in 
Fig. 3. Measurements were made on a sample containing four near-
surface flat bottom holes. The diameter of the holes is 0.013" 
(0.33 mm) and their depths below the surface vary from 0.020" (0.5 
mm) to 0.005" (0.125 mm) in steps of 0.005" (0.015 mm). The sample 
was inspected with a 15 MHz, 1/2" dia., 1.5" focus transducer. Wave-
forms were recorded at seven locations. Four of the locations were 
at the flat bottom holes. These are indicated as a, c, e, and g. 
The other three locations were between the flat bottom holes and are 
indicated as b, d, and f. After the subtraction process the result-
ing waveforms are shown on the right side of Fig. 3. At the three 
locations where no flat bottom hole was present, the waveform showed 
a small remnant of the front surface echo. Its peak amplitude is 
typically 1/3 of full scale and it is confined to a region within 
0.010" (0.25 mm) of the front surface. The waveforms received from 
the flat bottom locations show in each case a large echo of nearly 
full scale amplitude. It is therefore possible to detect any of 
these flat bottom holes simply by setting a detection threshold at 
1/2 of full scale. In fact, there is·no limit to how shallow a flat 
bottom hole could be detected by this technique. Because the echo 
from the flat bottom hole is larger than the remnant of the front 
surface echo, a flat bottom hole could be detected even if it were 
only an infinitesmal distance below the surface. In addition, the 
depth of three of the four flat bottom holes can be read directly 
from the waveforms. For the three deeper flat bottom holes, the 
largest negative peak of the waveforms occurs at a time correspond-
ing to the depth of the flat bottom hole. The depth scales on the 
figure show that these peaks occur. at 20 mils, 15 mils and 10 mils', 
respectively. 
Currently, the performance of this technique is limited by the 
accuracy of the A/D converter. As better A/D converters become 
available, this technique will be able to detect even smaller flaws 
and detect them more rapidly. 
An adaptive subtraction technique has also been developed. This 
technique automatically adjusts the stored front surface echo wave-
form as the part is scanned. Therefore, it is able to adjust to 
changes of the part geometry that occur during the scan. The algo-
rithm performs two steps each time a new measured waveform is re-
ceived. First it subtracts from this waveform the stored average 
waveform and displays the difference on the oscilloscope. Second, 
the DUI updates the stored average waveform based on the new one. 
The stored waveform is therefore a weighted average of the recently 
received waveforms. For flaws, which appear rapidly compared to the 
time that it takes the stored waveform to adapt, the flaw signal is 
seen on the oscilloscope display. Conditions which change slowly 
compared to the adaptation time are not seen on the display. 
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Fig. 3. Detection of 0.013" diameter flat bottom holes. 0.005" 
deep hole is easily detected. In fact any such hole, no 
matter how shallow, could be detected. 
This adaptive subtraction technique can therefore compensate 
for sample variations and scanning system variations which would 
otherwise interfere with the subtraction process. 
APPLICATION: FLAW CHARACTERIZATION PREPROCESSING 
The echoes received from flaws contain a great deal of informa-
tion about the size, shape and orientation of the flaw. Techniques 
such as the Born inversion and the low frequency inversion have 
proven useful in estimating flaw characteristics from measured data. 
However, this flaw information is convolved with a system response 
function and may be corrupted with other signals. In order to per-
form flaw characterization, it is first necessary to perform pre-
processing which corrects for these effects. 
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In order to make this preprocessing convenient and useful to 
the operator of a real time instrument, the acquisition of the cor-
rection factors and their application to measured data must be pre-
sented in an appropriate sequence and with appropriate feedback to 
the operator. The procedure described here allows the operator to 
detect a flaw and correct the measured flaw signal to obtain the 
scattering amplitude of the flaw, with real time displays of each 
step of the process. 
Table I summarizes the sequence of steps of this algorithm. 
It consists of two parts. The first part is the measurement and 
storage of the system response function. The system response func-
tion will be used to deconvolve the system properties from measured 
data. The second part is a step-by-step procedure for detecting 
flaws and then correcting the flaw measurements in order to obtain 
the scattering amplitude of the flaw. 
The system response function is obtained by a1m1ng the trans-
ducer at a flat target. If the target is located in the far field 
of the transducer, then it is not necessary to include diffraction 
correction terms when deconvolving the system response from the 
flaw measurements. During this step the display oscilloscope is 
repetitively displaying the following waveforms: the upper half of 
the display contains the measured waveform from the target and a 
manually adjustable window. The lower half of the display shows 
the magnitude of the frequency spectrum of the portion of the signal 
which is within the window. The operator manually adjusts the win-
dow until it contains the echo from the planar surface. By observing 
the measured waveform the operator can estimate the noise level in 
the signal. A potentiometer control is provided to select the amount 
of signal averaging to be performed. The reduction in noise level 
due to the signal averaging is then immediately visible to the opera-
tor. 
By observing the frequency spectrum display, the operator can 
determine which frequencies are present in significant amounts in 
the ultrasonic signal. He can adjust the damping and other param-
eters of the instrumentation in order to obtain the desired fre-
quency spectrum. He can also observe distortion of the frequency 
spectrum that may be caused by, for example, excessive cable length. 
When the operator has the apparatus properly adjusted, he raises 
the "freeze" switch. The DUI then saves the complex frequency spec-
trum R(w) and calculates 
R*(w) 
G(w) = \R(w)\2 + C\R \2 PK 
(2) 
where C is an operator-selected constant which reflects the signal-
to-noise of the measurement environment and IRpKI 2 is the peak value 
of IR(w)1 2 • Later, during flaw characterization, the system response 
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Table 1. DUI Algorithm for Scattering Amplitude Measurement 
I. Measure 
System 
Response 
II. Study Flaw 
What Operator Does 
1. • Locate echo 
• Window echo 
• Adjust signal 
averaging 
• Adjust spectum (Damping, etc. ) 
2 •• "Freeze" switch 
1 •• Search for flaw 
2. • Move off flaw 
• "Freeze" switch 
3.. Study flaw 
4. • "Deconvolve" 
switch 
5.. Study flaw and 
its scattering 
amplitude 
Next Step: Born inversion 
What DUl Does 
• Repetitively display 
Reference waveform 
and its spectrum 
• Save spectrum for 
deconvolution 
• Adaptively measure 
"average" waveform 
• Repetitively display 
raw waveform and raw 
waveform minus 
"average" 
• Save "average" 
waveform 
• Repetitively display 
raw waveform minus 
"average" and its 
spectrum 
• Repetitively display 
raw waveform minus 
"average" and 
scattering amplitude 
will be removed from a measured flaw spectrum F(w) as follows: 
This technique is equivalent to the Weiner filter method. 3 
The second part of this algorithm is the detection of flaws and 
the correction of measured flaw waveforms in order to obtain the 
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flaw scattering amplitude. It consists of a series of steps which 
the operator goes through. The first step involves searching for 
the flaw. Because there may be a constant signal, such as the tail 
of the front surface echo present, the DUI automatically removes any 
constant component of the signal as the operator scans the trans-
ducer over the part searching for flaws. The DUI does this by means 
of the adaptive subtraction procedure described above. As the opera-
tor scans the transducer, a running average of the measured waveforms 
is maintained and subtracted from each new incoming waveform. The 
display repetitively shows two waveforms. The upper waveform is the 
raw waveform measured by the system and the lower waveform is the 
raw waveform with the average waveform subtracted from it. 
When the operator has found a potential flaw indication, he is 
now ready to study it more carefully. In order to do this, the adap-
tive subtraction must now be turned off for, if he leaves the trans-
ducer stationary observing the flaw, the flaw signal itself will be 
constant and will be removed by the subtraction process. Therefore, 
the operator moves the transducer away from a flaw a short distance 
and raises the "freeze" switch. This stops the adaptive subtraction 
process but retains the most recent average waveform and continues 
to subtract it from newly measured waveforms. The display now 
changes. The upper curve shows the incoming raw waveform with the 
stored average waveform subtracted from it. It also shows a manu-
ally adjusted window. The lower curve shows the frequency spectrum 
of the portion of the upper waveform located within the window. The 
operator can now move the transducer about the vicinity of the flaw 
and adjust the window to contain the flaw signal while observing 
the frequency spectrum. If the operator raises the "deconvolve" 
switch, the display changes. The lower curve now shows the frequency 
spectrum of the flaw signal with the system frequency response re-
moved from it. This deconvolved frequency spectrum is the scattering 
amplitude of the flaw. The operator can compare the flaw scattering 
amplitude to those of known flaws as he continues to move the trans-
ducer about the flaw. With simple flaws, the operator can determine 
the type of flaw and estimate its size from this display. 
The next step in the development of this flaw characterization 
capability will be to implement the Born inversion algorithm so that 
the operator can directly observe the flaw size estimate as he scans 
the parts. 
APPLICATION: IDENTIFICATION OF ACOUSTIC EMISSION (AE) SOURCES 
Recent research4 has shown that it is possible to distinguish 
between different sources of acoustic emission produced at fastener 
holes which are under stress. Figure 4 shows the geometry which 
was used in this study. Three aluminum plates were connected by a 
pin in a sandwich arrangement to form a tensile test specimen. A 
crack was allowed to grow out from the fastener hole. The following 
sources of AE were observed: 
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Fig. 4. Specimen used to simulate crack-related and non-crack-
related AE from a fastener hole. Crack growth AE and 
fastener fretting AE occur at different locations around 
the hole. 
Crack related: 
1. Crack growth 
2. Crack face rubbing 
Non-crack related: 
3. Fretting (rubbing) of the pin in the hole. 
The goal of that study is to determine whether crack growth is 
indeed occurring by distinguishing the crack related AE from the 
non-crack-related AE. 
In Fig . 4, note that the fretting events are found to originate 
at two points on the lower edge of the hole, while the crack-related 
AE occur on the crack or at its tip. It has been found that this 
difference in location of the AE can be used to identify these 
sources . In particular, the ratios of the energy in certain fre-
quency bands received by two transducers monitoring the AE simultan-
eously can be used to locate and thereby identify the sources . 
The DUl has been used to demonstrate this source identification 
capability in real time. AE signals were produced at various points 
around the circumference of a fastener hole by means of pencil lead 
breaks. Two transducers monitor the AE. When an AE occurs, the AE 
waveforms received at each transducer are simultaneously recorded 
by the DUl . The DUl operates in two phases: 
THE DIGITAL ULTRASONIC INSTRUMENT 
CASE 1: CLASS 1 = 0° 
CLASS 2 = 180° 
'''~. J 1 
00 90. 
CASE 2: CLASS 1 = D· 
CLASS 2 = 90· 
P (CLASS 2) 
o 
I 
180· 
O~ ____ ~~ ______ ~ 
D· 
1499 
~::: 90· 
0] D· 
PENCIL LEAD BREAK 
Fig. 5. Results of AE classification. Events located near a 
training event are successfully classified as being 
like the training event. 
I. Training 
II. Identification. 
In Phase I, the nUl asks the operator for several examples of 
each of two classes of AE. (A single sample of each would be suffi-
cient; multiple samples improve the statistical performance of the 
algorithm.) The nUl calculates a Fischer discriminant for separa-
tion of the two classes based on the ratio of the total signal energy 
received by the two transducers. 
In Phase II, Identification, an AE event causes the nUl to type 
on the terminal its estimate of which type of AE this is. Referring 
to the coordinate system in Fig. 5, if the two classes of AE used to 
train the nUl are located at angles 0° and 180° on the edge of the 
hole, then the results of the identification phase are shown in 
Case 1. Pencil lead breaks are made at various points around the 
hole. The nUl reports class 1 for all AE within 80° of the class 1 
training events arid class 2 for all AE within 80° of class 2. In 
the region around 90°, some errors are made. 
Another example is shown in Case 2. Here, the two training 
classes are at 0° and 90°. This is a more accurate simulation of 
the crack versus non-crack case. The results again show correct 
source identification except in a narrow region one-half way between 
the two classes. 
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CONCLUSIONS 
A prototype instrument has been developed which is capable of 
performing sophisticated processing on ultrasonic and acoustic emis-
sion signals and doing so at a speed sufficient to make practical its 
use in field testing situations. This is accomplished by means of 
an all-digital approach. The rf waveform from the ultrasonic mea-
surement is digitized and all processing is done in a high speed 
digital processor. The time required to perform relatively simple 
processing is on the order of a few milliseconds and is therefore 
compatible with the repetition rate used in many ultrasonic testing 
situations. 
Using this instrument, it has been possible to explore two 
areas: first, algorithms which are suitable for implementation in 
a high speed instrument and second, how to present these algorithms 
to an operator so that he can make the best and most flexible use 
of them. 
Three algorithms have been developed. The first provides 
greatly improved detection of near-surface flaws by means of digital 
subtraction of a stored front-surface echo. The second aids in flaw 
characterization by providing real-time calculation of the flaw scat-
tering amplitude, which is a necessary step in the use of flaw char-
acterization techniques such as the Born inversion. The third algo-
rithm automatically classifies the source of acoustic emission sig-
nals from fastener holes based on their location about the hole. 
The .results of this system show that digital processing has 
much to offer the fields of nondestructive testing and acoustic emis-
sion. The future directions of this work will be to implement addi-
tional algorithms in the DUI and apply them to specific inspection 
problems. 
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